Abstract
INTRODUCTION
Due to increasing demands for higher data rate and growing user base in a limited allotted spectrum, there exist need for Smart signal processing which is possible through Smart Antenna [1] .The antenna array usually do not adapt to the time changing Electromagnetic environment. The futuristic smartness makes the antenna array to form the radiation pattern in the desired direction. This is called as the adaptive beam-forming (ABF). This is done via digital signal processing, thus also called digital beam-forming (DBF). Research shows the implementation of two dimensional antenna array for handling massive MIMO configurations which will improve the performance in large user base situation [3] . Figure 1 .2 also shows a conceptual model where instead of linear array on the base station planner array is shown.
Fig-1.2:
Conceptual 2D Antenna array geometry for implementation of SAS leading to handle multiple user base.
A single source or transmitter whether constant or moving may have many propagation paths and angle of arrival, due to the effects like reflection, refraction, scattering and dispersion of Electromagnetic signal. It becomes much important when there is large number of transmitters to estimate angle of arrival. There exist various Angle of arrival methods. Godara [12] , suggested three different categories, Spectrum based, Parametric based, and subspace fitting based. Spectrum based are easier in implementation namely these are Capon AOA, and MUSIC multiple signal classification (spectrum with subspace) which is a high resolution method which gives the graph for pseudo spectrum and angle of arrival [12] . Practical condition of application involves the effect of mutual coupling which can be resolved with proper steering vector [4] . This study works out with Music algorithm for uniform linear array and uniform circular array. However it can also be employed for rectangular planner array. 
DOA AND ADAPTIVE BEAM FORMING
As Discussed above DOA and Adaptive Beam forming are integral parts of the SAS.
Direction of Arrival
Due to multipath propagation effects, received signal is impinge on the receiving antenna from different directions.DOA is an important property for characterizing channel [12] . Estimation of direction of arrival can be helpful at both uplink and downlink processing in mobile communication. Spectrum based methods are mainly discussed such as Music algorithm.
DOA algorithm (Music) can be understood with help of given figure. Output of array is y(k) = w T * x(k) (1)
DOA method are worked out with correlation matrices and correlation matrix of input signal x is calculated as,
where R ss and R nn are received signal and noise correlation. As the noise is AWGN, R nn is given as σ 2 * I with I as M*M identity matrix.
This subspace DOA method in above equation of input signal x(k) in eigen vector matrix Es as M*D signal subspace and eigen vector matrix En as M*(M-D) in noise subspace. For every DOA Pseudo spectrum P(Ө) is calculated which gives maximum spectrum peak with desired angle of arrival. Pseudo spectrum based on desired angle of arrival Ө is given as
Music method is a high resolution threshold method. Its resolution depends on SNR and number of elements [12] .
Where as Conventional DOA approach do not uses subspace approach that is why it has lower resolution.
Adaptive Beam-Forming
There exist fixed beam forming methods such as maximum likelihood and minimum variance [14] but are not useful when the angle of arrival changes with time. As the angle of arrival keeps on changing with time due to multipath effects array weights should be optimized. LMS, RLS and CMA are analyzed and simulated in this paper.
In Least Mean square method, minimum mean square error MSE is calculated [7] . This error is actually the difference between desired signal d(k) which is a prior estimated signal and of weight w(k) and input signal x(k) product as,
Equation 6 shows mean square error it should be minimum with respect to iterations.
Moreover signal characteristics are not known thus input signal correlation matrix is involved in the calculation.
Now, iterative approximation for array weights is required w(k+1) = w(k) -0.5 * µ * (R xx *w -r)
is gradient function The convergence of LMS algorithm is dependent on stepsize parameter µ which in our simulation is between 0 and 1.
For proper convergence it is given by 0 ≤ µ ≤ 1/λ max .
In Recursive least square method computational efficiency is improved by using k time sample block and calculating correlation matrix over that time block. This is called as the recursive calculation. RLS is improvised by using a forgetting factor alpha unlike step-size parameter of LMS algorithm. This factor alpha between 0 and 1 deemphasize the earlier samples and emphasize the most recent ones [14] .
So by RLS algorithm recursive calculation of correlation matrix is done which improves the computational efficiency.
Weight update is given by
It has much faster convergence as compared to LMS algorithm. One thing to be noticed is d(t) and s(t) are not exactly known as they are assumed to be sinusoidal in nature based on a prior estimate, but there must be some algorithm that must be blind to the desired reference signal. Frequency selective channel diminish the property of constant amplitude, as there are certain modulation schemes that are having constant amplitude such as FM, PM, FSK and QPSK. If the incoming signal is of above nature of constant amplitude then adaptive beam forming must be one in accordance with that. This algorithm of constant modulus is called as blind equalization algorithm [14] . It uses a cost function based on incoming signal and thus error is calculated based on that cost function [14] .
CMA cost function is given as
Where p and q are dispersion function and taking derivative of equation 14 gives the value of R p . 
SIMULATION RESULTS
Simulations are carried out on MATLAB® R2008b; if patch antenna considerations for array are taken in account the HFSS and IE3D simulation software can also be used.
First stage simulation includes DOA estimation using music algorithm. In Figure 3 MUSIC DOA results are shown desired arrival angles are taken as +/-20˚ degrees. These are compared with conventional DOA approach which surely has a low resolution. These results are shown for linear array or circular array geometry of N elements defined by the user; in this case N is taken 8. Figure 4 presents the result for LMS adaptive beam-forming with 8 element uniform linear array with desired signal of interest at +20˚ degrees and interferer at -60˚ degrees, maximized peak of normalized array factor is obtained at desired angle. LMS also presents the dynamic change in array weights with the iterations in figure 5 ; this plot is for 8 element array which can be changed according to the user criteria. Figure 6 and 7 depict the result for planner circular 8 elements and rectangular 8*8 elements array respectively. These results are plotted with desired signal of interest at +20˚ degrees and interferer at -60˚ degrees. Deviation can be clearly seen from the figure 5 as the array factor changes for planner arrays. Figure 8 and 9 shows the results of RLS algorithm for 8 element array and with desired signal of interest at +20˚ degrees and interferer at -60˚ degrees. Faster convergence of array weights with respect to time samples can be visualized. RLS can be compared with LMS result of figure 4 which is much better for interferer rejection. Figure 10 is the result of constant modulus algorithm with 8 elements array and desired angle at +20˚ degrees and two interfering signals at -60˚ degrees and -80˚ degrees; this algorithm works out with one direct path signal as 32 bit binary sequence and two multipath signal which are 20% and 10% of the direct path signal. P dispersion factor is taken as 1. Figure 11 shows the combined constant modulus for these three signals. And also the arriving signal with respect to time.
Simulation results are carried out with certain assumptions such as incoming signal, wavelength and some other constraints. The effect is found to be very less as the aforesaid parameters is varied. 
CONCLUSION
In this paper DOA and adaptive beam-forming estimation is done on planner and linear geometry of arrays. Music algorithm has a sharp resolution for desired angle of interest as shown in figure, it is compared with conventional DOA approach, and Music is surely a better method with high resolution. LMS converges slowly in the dynamic environment with up to 60 iteration at a minimum. RLS solves this problem but RLS and CMA are not as better for rejecting interfering signals as LMS. But if convergence rate and speed is the major criteria then RLS and CMA are suitable. Convergence of CMA can be increased with increasing number of elements. Thus Smart antenna systems can be considered as the combined system of DOA and adaptive beam-forming for which algorithms are used in this paper.
